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ia§^#at. 
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ftsirEWSHHSfflfire t nwBSW^aoftjift^ 
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MiBas^^ffffi^aw . MtE»w^aoai^^t , 

ffrfE^ AX M/-yf NV^xSrB#^W±T-KSKL^fi 
SH«BI*:fttf>4£i:fc.fc 1 5, iwlE«iSc<0Xt°-#c9^-ix 

fnc BfriBSMBfPaM^fflfi-t^A^i^nT tpt&m- 
&^mmnm^mz£->xmftztiz>£xnmmm 

[0001] 

x^^Mz&tfhmmmm'kfcK^zm-th . 

[0002] 

(4. "Hff^t^i^fCHJAtl Sit 4«»4 U> 

a-*-* £ t liMtfe o . mmtmmmnfi»a 2 
x h°-# t tifflm e-^? t i&mm^x b— %-hm&- 

[00 03] bZ\hX\ i^«2o|,| 1 ^{i3o«X 
[0004] f»t-f-f*yXfAtll 

x b-# ^s-rs x^-x^mmmMX'it^fz 

S^S £ 1 3& I HHK*^«»* < , mefU0Xb°-# S 
#x HPR^t 4 T^ffiK* 1 !!* S t , #x b- 

#fr^Mttznt^mmm&t l zmm-&mmt> i -ftLX 

Lt\i\ ntkMlzu-t&tftkthfztb. #xb-^omr 
[000 5] £;fl^W#Mffi#l^il®B#p B 1«. X 

b-^ ^isa^-sf dffl#i#j&*«-x e-**»6«P0MM 
v-xfr^mM£tifzwmmniiLmiz§m 

[0006] 

m$*cr>mm nsraosseu . * Jffl# s x b - ^ m 
Ma^T^SESt^isai-f-s 1 1 t>tc, f^ii^fy 

So 
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[00 07] 4ft . SBRtCsJ-— t 1 ' 4 ^gS^t-f 4 

KfiB * T<0ffidtf5Hfc J: 4 ffiitft'ftT'3: < . #A t ■- 
ij te * — r ^ff-^tfA* S ft T *> 6 WSfcMRW S ft & 
J TO B^Offl is t **f ST** # . mM± Z. Ktfi 
#lt £ ft T iT . lEBSriiffiSHkORS £ fx 3 i fc ■& 
•CS&S^jfc. «*.|f, fg^ffl^xb-^Ji. 

4 ft#> , X OffigfcfcSSK $ ftftJEffiSTT 

&4 0 4ft. xt-^oilfitci-st, 4* 

#Ji: LT#®^oMM^^ISS LT v ^4 hifX'li^ 
V ^ft#> . IBI^SPtPBlcOlSJgSrfi 1 oZk tzfr^ 
ft, 

[0008] ^mmt. zcox o %&£.m?>ximzti 

T v \h m^z, ■eft^ft^x b-# t;#f LtzMMmm 
[00 09] 

w#a*ws#tTe 0 . ^«^r B i^^iaB§ftft«ic 

sow:** *>/f,st»s*ufew«fc*w^an«aj 30 
ltv^s. -eft. i<7)iftmtft*fcaE^v^7:, ^xt- 

# {C3ffiffleBBiSffl«#*»A* SftT i5»WJWJ ^ 
j&smW^St «t o Ttfc£ii£ft4 a^SBWHjWiSEli* 

X . #x b-j? <Z> fluSttSM S ixft MM^S^jI®b# 

mn^T-mm Lxwmmzma l . ; commmmz 
^^x^mm^commmmcom^n^xii k> . ie 40 

H^SMB#P^iSS^Sgt : 5r-&o ftt. #xb-#i: 

mw^s ^egitio^ftw^ < . xt-^ oan^K 
t=sr*. 4ft. &mm^mnmmmm&&mmzmfe% 

4, 

[ 0 0 1 0 ] 4ft. ±MLftji®ff#rafSffiWi. 

^-rmmstLftaf^a^p^^^^tif^to^ 50 
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[ooin tft. ±MLft3i^wras:ai¥ai±. 31® 

"5 , -ft ^> 2 o^ff^iOffiSfflW^fiAh =Sr 4 
*-T4 : t^^gfiLftB#^ i 'S'J^rafc#x. A,ft4 ft 

[0012] 4ft. mwm&fttmii. mwmwfe 
mimkM^&comjjm^ktfxjiztix&K). <rft 
6 2oom^-o^nft^'WM°'7-^'«/hk^4 i a tsa 

xmrn^m^M-ia^n 3 zkwwt. m^? dv? 
<n? 4 )v-?wm±. wm^mzk^xms^tLh a vn 

k&&sffl*mm~tZZ.ktzJ: D . jBSfc&##KtW 

[0013] £jh.&0531SB$ra<O*aj£ff'3*£' 

fflV ^4 i fc t>m 4 LV^ . * V A V J 4 Xfi#fcJiffiW*» 
A>&^4TtOJl^iCfi)c^^#4ftTi3 0 . Jl^Mftt^" 
M^r 4 tlS^X t '-^ £ ffl ffl ^ 4 C . 

^-ft^ftco X b -^*^il®B#ra?|i|^fflfl^t*fJ£ Lft 

[0014] 4ft. mmmmufemim-k lx?jj*x 

T . ^ -f A X bU- -y ^ ^ ^ratt±T-RK L ft ft 

t^4B#P B ]^*46Tg5EB$P B ]^*ffi^^d i i:^'#4 t 

xje^^^A64;k^T"&4ft46. ^(Dm±m*m&-t 

4 i k fci 0 . IEffitcm#¥St#^i'J31t-4 4TW 
®®H#ISI*3tmi-4ii:**r#4. 4ft. ?4J*XhV 

IBMLhT4Mft3*utra#Tfc 0 . SSIWPSry >f Xfc J: 4 
[0015] 

mmcommcommi *mic^wm&MJy£*mm 



(4) 

5 

<i##a* s #x t frhimzixtzmtt&mxL 

-7-" ■* * yXf A fc-p V HH £ *fH L & MUM" 

4. 

[0016)1111 #»!H*3tfflLfc— £SH0B»tf>:* 

ttfflco^j— r ^yx-rAii, fa-WDTl/-^ 10 
#<?5^-— f-ft^Il OOi:, *-f^iil0 0i> 

10, 12, 14t, ;ixA>OgStff i o^o^-ix^ix 
Of*ati^£ix440<7)X-f 7f 2 0, 2 2, 2 4, 

2 6k, A^^ti^^-xV^ff-t^+^^ftl^^iT) 
&£fflii$i2:&;W^x:7>i'/W:? ( HP F ) 3 Ot, tf 
«i^cO^-Srii3ii§^4^s>Ky^X7 ( BP F ) 

3 2k, i&i&f&frcDfr&MMZit&zi— 4/1-:? 

( L P F ) 3 4k. 3o«xt-* 

4 0, 42, 44k, *~r ' ^WWKffifliBtlft^S 20 
ti£"?-f ?u*>-4 6 k , aMBtrBlilJ5Effl^FJf?EOfi-f- 
Sr^^SSBEi^iasaSffl^JB 5 0k, v-f ? y 4 
6^tb*ft-t^*'3^T#Xb°-^4 O^S^LfcSifc 

oa@wi=^os:aik#5iissi o^wms&mrt&M* 

[0017] 10, 12, 1 414, ^tl^ftlC0M 

Jtas-iftSg»5 2fcJ:-3Tia5ES*L4. jgffiSlO*^ 
ffiil§ix-S»^-7 ; >^I^{±, X^f-vf 2 0^LTA 30 

Stl^t-* 4 0 ^Si^^^^Mi^m* 

?^^#J4. X-f 2Sr^-LT^>HVN°X7 

Xh°-#4 2 *^^Bfito^rtW^ISIfcR 
#3*14. @^14^m*$*x4^-f^*ft-5!- 
(4, x-f 7f2 4Sr^Lto- A'X7^;^3 4t:A^ 
£*x, *<0»gfcfcSSKS*utfi»ffl^t-*4 4*»6 
ffil^h^ft^^rt^^fcttM £*l4 . 40 
[0018]7-f ?n*>"4 6(4, Xt-^4 0-44 

aj ■ tarsus 2i±, s^^aygfflWifss oa»63i@i* 

Jfrf 4Wfe^'-?-f ?cr*>-4 6Tl$aj$*l4 4T"Oji3£ 

B#nj£a!is (jrai) l, iwjuassfcu^v^, 

r 4 *£SH 10 0^-f-f ^ft^S* A73 § *xT frh 

vmw^&th J;3c, wm%§ 10-14 cv&mvm 
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[00 19]±]IUcM10, 12, 14^» 
at, ?Oo*y4 6^IM:, jliEiSfHM^ffl 

Wig 5 o^ft^^at, mmmmn-m ■ mM^5 2 

[0020] ^USS^SSO^-— ^-yaxAiidcoj; 
9^rffiJ«2:*LTfcD, »:(:#7^^3 0, 3 2, 3 
4WI^A7lStLT^^, #Xb°-#4 0~ 4 4*»6 

SEfftUBt 1 , t 2 , t 3 JIKL, jiffifs 1 0~~ 1 4<7) 
#S®§f§l£l&^4iM1^»t4 . 
[002 1 ] i-f, X>f 7 f2 0, 2 2, 2 4£W9# 
i.T, #7 4/)^3 0~3 4OffiSE£r#ji®g§l 0—1 

4 fi^^Msi^^iiisfflWji 5 o miz$mt& . -e t 

0 *» ai^J $ *t4 PfiMcom^-tfj wm7^;^3 0(: 
A73£*i4 ±3t;rr4. iti^^x-f 7f«ffl')ix 

$mmz£ &mm&jkizmtx'ff£>ti& . 

[00 22] £c?)J: d 3r#X>f y f-0>*8ttR»teJ3^ 
coft^'tii^^ix, *fJ£-r-S>W^'xt°-^4 0>6^m 

«i , mm mmm^m mm bok m^^m-t ** § 
t, v-f^n*y4 6 3&^^jE-r4^ajfi^ai^§n 

[0023] ii®B#rat 1 <nmmtmTi-& t , x-f >y 

®©^fs*aj • fssgP5 2 {i, a®B#p^asffl 
6 *» 6»i6f 4 t^aift^aj a $ ^4 4 x'cowwmm t 

2^m^4o 

[0024] SMff§P B 1 1 2 <7)ffaj*^T^4 k , S 6 £ 

>y^2 6**-ejo#i.^ mm^mm\^mmm5 o 

*»6 ai* $ *T-4 Bfe^-WJ-^ 7 )V ? 3 4 1 A 

raiisgfflWM 5ok 3fflB«aBisffl<oj5fs<og^aj 
flats*.*. je©eiBi*m-iftsaii5 2j±. gMn#raM 

>4 6A^ *tJE^- 4 tft aje-^SJ t> § ix 4 4 T"Og@B# 
ISt 3Sr»aj-r4. 

[0025] icOJ: 3 tLT 3^jffiSt^t 1, t 
2 , t 3«Jtffi3mT Lfcftfc, SS^NSWffi ■ ^SSP 
52«i, i«3^c?)IIfflt 1-t 3tl-^Ut, 3 
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ocos® i o - 1 4 &wa sr isse-r § . w x. 
if. g®B#raTi^a^*v^^{±. MJE-r-sasti 
i oojKeb^^ ot. m®#§i 2cDmw&m : £ ( 1 1 

- 1 2 ) fc, 3®2s 1 4^3i®B#Pal2r ( t 1 - t 3 ) fc 

[ o o 2 6 ] mz , ±&Lizm&mtm ■ fsssp 5 2 

Ol¥*H tout . 3 o<^#«p5rflMEWfrRBW4 . 

[0027] gswai ■ mm^mmm 1 
m-t h wm^4 7vft>46 tzw&tt & * x-commm 10 

Pal(4, #7 ^ /^3 0 — 3 4^0 A7Jfi-ttv>f?n* 
[ 0 0 2 8] B214, ffiSfflW*«fflL-C313©*iait«* 

J Af-m 
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y4 6<oaj*^t^iarcfflsfflw«w*tfd. ^« 
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[00 3 1 ] iiT, h ( n ) f4*'7-f b >M Xft# 
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snnauFa: 6 0 tut 0 jLtemmco&z % , r {4-9- >r 

[00 32] ffi5ffiMMI*ft±ffi/®ffilf§P B 1^^g|5 6 2 
J4, fflSffl|JB8tffSS6 OtioT ( 1 ) 3%<7)mcr>m*M 

MR (mr) ^t^Sm^MftiL, £<7)i:#<7) 
mr SrSEBtfalt 1 (&-S>^J4t 2. t 3 ) k-fh, 

[0033] mmmsemR 6 4 i± s fflsfflwraiRab*; 

Bflffltl, t2. t 3<9+a»&ft*B*ttasU I^i 

iifitfeidtc, ii^Rflt 1 a 
"9^2OC0affiSfP^t 2, t 3i:Oifefr ( t 1-t 

2 ) , ( t 1 - t 3 ) 3*1.4 . 4 ^asffintniss 

[0034] ww%mn& ■ m.'M.p^m^n 

exp(/afc 2 ) 
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^#7^1^30-34 A7J ZtlXfrbZ-ttiiZftt 

20 ^(4, v4 ^n^>-4 6T'^tti$#l.|.-f y^VPXjE^' 
«*fc*r*i$HIS»£-*-S £ t iz X ->X%&i-h z\ki> 

[ o o 3 5 ] H3i4. -f yyvvxm^mmtxwmm 
m-trnx-foh. mmiz^rtmmjsts^ta - t&sgss 2 

(4. 7to/-fy^^ (A/D) ^^7 0, .X^U 
ftiJfPSP 7 2, ^^e'J74, WftMKIgli 7 6 s 
M3f§fl7 8 , -f y^7bXJ!Eg«±ffl/gMB#P B 1^^8 

30 . £ oiSiWffgjsraj ■ tas^ 5 2 fc § as m 

[0 0 36] ^^A^hl^-yf-H^7^{4. ^"OJliS®: 
^rttH ( k ) tf);j.TcD£ 0 lZi%Zti&m*TX*$>& . 
[0037] 
* HR2] 

0, \,--,NI2 



a(N/2f = 2mjr 



* = J Y/2 + l J — t AT-l 
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[0 0 38] ££T\ m(J:^-fA7M/7f F^71/7^ 

«tl*ia*fiJ&r5fl88rCft4. k(40*^N- 
1 4f<0ffljT* 0 , a {4m t litm*tU& ( 2 ) Mz 

fctta = 0fc=5rftfcft, ^T^ktOUTH (k) =e 

x P (o)=it^t, zmmmfrtHmiti'tzm 



★ [0039] wwgmMMm^nsofr^&iizix&n 

M7-VizmiLX%t>tihimTfo*). ^-co-MSria 
4t*f, 14 CSt^^f AX f 1/ 7f K^V17I4 N 
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[0040] A/Dfffi7 0(4, V>f ?n*>-4 6cO 
$ijf»§|5 7 214, J5f5E<Ol*IBnaiirCA/D3E»»7 0*»6 

m^j $ t*- ? t>j74 tctstt-rs «, 9 a 

/=i 



ft, ^ ^ 'J 7 4 <aj^ffi«£fi*&;&*l.4 . X ^ U 7 4 HZ 

(4 , ; o «t a frfSffriBttP l mjh8« $ *j o , sse 

[004 1] ¥%^ffl^7 6(4, «'J74 WSWS 
flX V L ffl<7) 9 A A X h V -v A~ \71-Xj£^-r- 9 CD 
10 ¥%ffc*aai* fx 5 . ^pi^tS^ufeJCS-r-^ * q 

<n), iMB*)j6S<r-**qi (n)fc-r4fc, 
[0042] 
[»3] 

-(3) 



[0 04 3] ¥%ffc^agP7 6(4, (3) 

MzLtztfi-oX. LMco9 >f ax J-P- >/ f - K^/kxjtE^ 
t — ? 5 i t tz X 0 , SSIKrtr /AX 

<mM*mk\^tzim : f-9i>mt>tih, 20 

[0044] S^ii^HSftgB 7 8 (4. ( 3 ) 3$TfP*3 
fltz^itLtz 9AJ*X hl/'yf r-*> -v^XiSg-r — :? q 
( n ) fc„ ? >f AX his -v -f- YmVX p ( n ) SrB^fji 

±x°5immtfzT~9 p ( - n ) sra^^ns-rs . 
H 514, 9 A AX his 'v^-wi-xzmmmtTBLmiZ 

^fzm^T^-tmXh 9 , 04 tc^-TN = 2 56 (=*fJE^ 



^%>9AAX\-V-v^ Y^lVX^^M^tz'mWm^ft 
x-? p ( - n ) (4, HS^t^fi-^^Srx^'^^ 

[0045] S^.ji^.?HS:g|57 8 fcj; h9&2s&tiKX. 
(4, JaT«iCtc*^V^Tiff*xh.4 . 
[0046] 
[1*4] 

... (4 ) 



[0 04 7] ZCO (4) SCL^t, NA^hV 30 
•y^hVNVkXJ^t-^fc, 7cO^-f AX h Wf-K'W' 

fc 4 0 >f yJWX&mm$>ti& . S^S^WBff 
§157 8(4, f%ftW7 6 a^ifcaSfl* 

[ 0 0 4 8 ] >f V^Vl-XJ5G^«^fi/jlMB#rHl^g|58 
0(4, g^ii^Mff gp 7 8 (c i «. ^OSBBS*** A* 
§fiTi3 0 s >f wt/^JC»3&*fbfc: fc=SrS ?ftJt ISS 

U >y^-V;Vl<xm^r : -9cr>mm9A 5 >-j^^^T, 

9 a j±xy\/ vi-v^)vxtfj\A j^x7 * }V9 3 omz 
izmm-i-h & x^mmmm 1 1 mz%&^& . 

[0049] g®B#reBta^8 2 (4, -f y^°;l-XJ5E^* 

^fa/jSswBBBWf 8 o iziixs.&ztitzwmmm 

t 1 ^tcK^'V ^X , 3 -^coSM^I 10—14 0^-g®B§ 

[00 50] ®®B#r B m£iJ ■ fSJ£IH^ff«J3 
±34 1 J: -5 fc. #7^/^3 0-3 4 tm-^A* § ★ 50 



-7 A 7u*>4 6X*tk&£tl$> 

a >svi/x.mmm±t%&mm$:mm-f& ztiz^i 

XWt&z\hftX'%&-hK c\<7>AV> VVX j&gtfttz 

t ^hm^mmzmsBy a )V9 tm^hz. t 

[00 5 1 ] 06(4, jSjtB7 4 )V9\iZ&-?XA >->VVX 

5 2 wmac^svtBi'c* «. . mmiz^mmmm 

X.& ■ fSSgP5 2(4, SSJG7 ^;P^9 0, LMS (Leas 
t Mean Square ) T>VzfyX2±9mM9 2 , MfH9 

4 , 7 * ;p^#it*A<a/SMB#^^gi59 6 , mwm 
ffim.mM9 8Zi?A,x°mmztix^&. ttz, zcomm 
mms-m ■ f&£gi55 2 tffl^^sn^g^Bt^iijsffl 

[00 52] ilj^7 ^;P^9 0(4, F I R (Finite Imp 
ulse Response ) WL<n : r¥9lV7 A )V9W$&Ai LX& 
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[00 53] i: i ?>X\ LM S r^rfij XA^Hg|5 9 2 
{4. JnJHI94fc:J:-a"C*7-< 9vfcVA 6<7)a};Wi-§-#> 

* 9 ocom^m^mM-Lx^ibtiWMm 
t^cotftix. mm? ocr>y tivfimyttf 

-?4 7 >4 6 xm&i-Z> A yiVVXfomt f,mn t 
fttt^tti.;t(^i.„ 10 

[00 54]7^ ;P^ffim«^ffi/g®^P B 1^f|S 9 6 

m±mi t &mm*mtt& n 1 1 i o . 

^coitAffiS: t 5 StPbI. f W r^x y j }V? 3 0 
f Wt-t^ATl § *VC : &ifej& t v>f ? u * y 

4 6 fcgBarf* & -cams 1 1 ^jtaw-s . 

[0 0 5 5] SffiiMSS^ 98it 7 i /i^ffiR** 

m/mmmrsffimu 9 6 iz i s fi-ts^ia t 

1 itS^ . 3 OC9jBE££ 10—14 c7)#SIJglf^ 

*m.i£-?z>» 20 

[0056] J; d ^HjftJgfficO^-T^ ^v-X 

fcK 0 jiATWS^ftffSrfi 1 5 £ h J: 9 #X t°-# 4 

fcJ?A3*Lfc**Jtt» 10-14 Og®B#r^'g«)^t 30 

[00 57] Uc^t, fi§*t9i 3 f!lffl#@#3& J 
#X h°-^ 40ft BPRCKS t ^JEStSraUSE L . i COM 

[0058]Jt, &Xt-#4 0^^i&£JStmL 

xmmz^&mwmm*%&Lx^%>tztf>. 

# 1 Of tXCOfflM^&XV—X 1 Of COjS^BfPal 

(ff-t^A* Lxfrt>nmmmzti& txcomm ) <n 40 

[ 0 0 5 9 ] *H*«JJHSSH9BJIIfc:KSSfL& 
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ifftt^Sr h 3 t°— # 4 0—44 ^MMfateWiM 
Lfz*-? J^isXT-^z^^XWmLtziiK Xt-A 
comi±2^h^^Mi4^A±.X$> ^X h in. Ml 

mz . ft tftWIfttSr^tT S ^iSc^x e-#*>»«K 
#ASnfcSK»«jlffl*IHtlftJ&^& i 3 LT i i 

[0060] 

mmmcoikm^mtz%z>„ mz, &xt°~xtm^ 
&Mm^fk<?>mmmmmmmizm.feztiz> 

[01] *^Bj^jgffi Lfc-iafc^BW^—r ^ ^"^x 
[02] fflSfflM^fiJfflLTSMB#^S:KtH-ri>^-(7) 

[03] >f yrwx^^mmLxmw^M-^-f^ 
M^nmmmmttt, ■ m^mcom^^-tmxhh. 

[04 ] Ni»XM/ >yf- K;^XC0— #J£^t^-C& 
[05] ?^xM/yf Wtux &v$Bm±."C50l&% 

j £tzm^z^-?mx*h&, 

[06] »B7 ^ /^fc J: r>T^ W^jESiSfeT 

[w^i^bj] 

io. 12. i4 mms 

2 0.22.24. 2 6 X-f yf 
30 A^f;U7^;l^ (HPF) 
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DETAILED DESCRIPTION 

[Detailed Description of the Invention] 
[0001] 

[Field of the Invention] This invention relates to the time delay setting method in the 
audio system which outputs the voice of two or more channels from each of two or more 
loudspeakers. 
[0002] 

[Description of the Prior Art] Although it is desirable that the voice of an audible band 
can be outputted equally, the loudspeaker used for audio equipment is difficult for 
outputting the voice of a perimeter wave number band by one loudspeaker in fact, and it 
is used for the loudspeaker which is two from which frequency characteristics usually 
differ, or three, being put together. For example, when three loudspeakers are used, the 
loudspeaker for high regions, the loudspeaker for mid-ranges, and the loudspeaker for 
low-pass are put together. 

[0003] By the way, although the acoustic wave corresponding to the audio signal from 
which a frequency band differs is emitted separately, in order for a listener to hear music 
without sense of incongruity, it is necessary to make the time of concentration of the 
acoustic wave in a hearing point in agreement from each of these two or three 
loudspeakers. 

[0004] Especially, in the audio system for mount, since the reservation of a tooth space 
which installs a loudspeaker is not easy, it is difficult to install two or more loudspeakers 
from which frequency characteristics differ in the same location in many cases, and it 
may install each loudspeaker in a separate location. In such a case, if the distance from 
each loudspeaker to a hearing point differs, since the time amount to which the acoustic 
wave emitted from each loudspeaker reaches a hearing point will shift and a strain will 
arise in a playback sound, a delay machine is inserted in the preceding paragraph of each 
loudspeaker, and the time of concentration of the acoustic wave of each frequency 
component is made in agreement. 

[0005] Conventionally, the user itself who installs a loudspeaker computes the distance 
from each loudspeaker to a listening location, is performing the time delay of each of 
these delay machines based on this computed value, and even if the installations of a 
loudspeaker differ greatly among each user, it can make mostly in agreement the time 
amount to which the acoustic wave emitted from each loudspeaker arrives at a listening 
location. 
[0006] 

[Problem(s) to be Solved by the Invention] By the way, since a setup of the time delay of 



the delay machine mentioned above needs to input the result into a loudspeaker system 
etc. by the digital processor while the user itself computes the distance from a 
loudspeaker to a listening location, it has the problem that setting actuation is 
complicated. 

[0007] Moreover, although time amount after an audio signal is actually outputted from 
audio equipment, until the corresponding acoustic wave of each frequency component 
arrives at a listening location should take into consideration not only the difference by the 
difference of the distance from each loudspeaker to a listening location but the difference 
of time amount after an audio signal is inputted into each loudspeaker until an acoustic 
wave is emitted, conventionally, this was not taken into consideration and it was not able 
to set up an exact time delay. For example, after an audio signal is inputted, in order for 
the loudspeaker for bass to require time amount by an acoustic wave actually being 
emitted compared with the loudspeaker for the object for inside sounds, or loud sounds, 
with the delay vessel connected to the preceding paragraph of the loudspeaker for bass, it 
needs to deduct this time difference and needs to set up a time delay. Moreover, also 
when the wire length which connects audio equipment and a loudspeaker changed a lot 
with the installation location of a loudspeaker, dispersion arose in the time delay, but 
since the time delay of each delay machine was not necessarily set up in consideration of 
a part for this dispersion, an exact time delay was not able to be set up. 
[0008] This invention is created in view of such a point, and the purpose is to offer the 
time delay setting method which can set up an exact time delay while reducing the time 
and effort of a setup of the time delay corresponding to each loudspeaker, when two or 
more loudspeakers are used. 
[0009] 

[Means for Solving the Problem] In order to solve the technical problem mentioned 
above, by the time delay setting method of this invention, the sound-collecting means is 
installed in the listening location, and the sound-collecting means has detected the 
acoustic wave which inputted the time delay stimulus signal into each of two or more 
loudspeakers installed in sound space, and was actually emitted from each loudspeaker. 
And a time delay until the acoustic wave which corresponds after a time delay stimulus 
signal is inputted into each loudspeaker is detected by the sound-collecting means based 
on this detection result is computed by the time delay calculation means, and each time 
delay of the delay means connected to the preceding paragraph of each loudspeaker is set 
up by the time delay setting means based on this calculation result. Thus, the acoustic 
wave which actually inputs a time delay stimulus signal into each loudspeaker, and 
corresponds is emitted in sound space, the sound-collecting means of a listening location 
detects this, a time delay is surveyed, the time delay of each delay means is set up based 
on this observation result, and a setup of an exact time delay is attained. A setup of a time 
delay with a high precision which considered the class of not only the difference of the 
distance of each loudspeaker and a sound-collecting means but loudspeaker and the 
difference of a wire length especially is attained. Moreover, since the time delay of each 
delay means is set up automatically, a user does not need to perform various kinds of [ 
manual and ] setup, and can reduce the time and effort which a setup of a time delay 
takes. 

[0010] moreover, what is the longest out of two or more time delays which two or more 
loudspeakers boiled the time delay setting means mentioned above, respectively, 



corresponded, and were computed by the time delay calculation means — searching — 
criteria [ time delay / this / longest ] - carrying out — difference with other time delays - 
computing — such difference - it is desirable to set up a value as a time delay of each 
delay means. Since the difference of the time of concentration of the acoustic wave to a 
different sound-collecting means for every loudspeaker can be made to reflect in the time 
delay of each delay means, the attainment timing in the listening location of the acoustic 
wave emitted from each loudspeaker can be doubled correctly. 
[0011] Moreover, the time delay stimulus signal and the output signal of a sound- 
collecting means are inputted, and, as for the time delay calculation means mentioned 
above, it is desirable to compute a time delay based on the time amount from which the 
cross-correlation of these two signals serves as max. Although a wave is distorted with 
the propagation property from a loudspeaker to a sound-collecting means, since the time 
of receiving the acoustic wave by which a cross-correlation has the highest value is 
considered to be time of concentration, the acoustic wave emitted from a loudspeaker can 
compute a time delay until an acoustic wave reaches a sound-collecting means correctly 
by detecting the maximum of a cross-correlation. 

[0012] Moreover, the time delay stimulus signal and the output signal of a sound- 
collecting means are inputted, and, as for a time delay calculation means, it is desirable to 
compute a time delay based on the filter factor of an adaptation filter which performs 
adaptive equalization processing so that the power of the error signal of these two signals 
may serve as min. Since the filter factor of an adaptation filter is reproducing the impulse 
response detected by the sound-collecting means, it can compute a time delay until an 
acoustic wave reaches a sound-collecting means correctly by detecting the time amount 
from which this filter factor serves as max. 

[0013] When computing these time delays especially, it is desirable to use a white-noise 
signal as a time delay stimulus signal. The frequency component from low-pass to a high 
region is contained in the white-noise signal, when using combining some kinds of 
loudspeakers from which frequency characteristics differ, the acoustic wave 
corresponding to a time delay stimulus signal can be emitted from each loudspeaker, and 
calculation of a time delay can be ensured. 

[0014] Moreover, you may make it use time stretch DOPARUSU as a time delay 
stimulus signal. In this case, as for a time delay calculation means, it is desirable to 
compute a time delay in quest of the time amount from which the convolution operation 
of the signal which reversed time stretch DOPARUSU on the time-axis is performed to 
the output signal of a sound-collecting means, and this convolution result of an operation 
serves as max. Since an impulse response can be calculated by performing such a 
convolution operation, a time delay until an acoustic wave reaches a sound-collecting 
means correctly is computable by detecting the maximum. Moreover, time stretch 
DOPARUSU has predetermined time amount width of face, and a frequency component 
is the signal distributed on the time-axis, and it has the advantage which cannot be easily 
influenced by the sudden noise. 
[0015] 

[Embodiment of the Invention] The audio system of 1 operation gestalt which applied the 
time delay setting method of this invention be equip with two or more loudspeakers from 
which frequency characteristics differ , time amount until the acoustic wave which the 
audio signal be actually inputted and be emitted from each loudspeaker reach a hear point 



be measure automatically , and the description be to set up the time delay of a delay 
machine prepared in the preceding paragraph of each loudspeaker based on the 
measurement result . Hereafter, it explains, referring to a drawing about the audio system 
of 1 operation gestalt. 

[0016] Drawing 1 is drawing showing the configuration of the audio system of 1 
operation gestalt which applied this invention. The audio system for mount shown in this 
drawing The audio equipments 100, such as a tuner and a CD player, Three delay 
machines 10, 12, and 14 into which the audio signal outputted from audio equipment 100 
is inputted, Four switches 20, 22, 24, and 26 connected to each latter part of these delay 
machine 10 grades, The high-pass filter 30 which passes only a high-frequency 
component out of the audio signal inputted (HPF), The band pass filter (BPF) 32 which 
passes only a mid-range component, and the low pass filter 34 which passes only a low- 
pass component (LPF), The loudspeakers 40, 42, and 44 which are three from which 
frequency characteristics differ, and the microphone 46 set as the listening location of an 
audio sound, It is constituted including time delay calculation / setting section 52 which 
sets up the calculation of the time delay of an acoustic wave and the time delay of each 
delay machine 10 grade which minded each loudspeaker 40 grade based on the sound 
source 50 for time delay measurement which generates the predetermined signal for time 
delay measurement, and the output signal of a microphone 46. 

[0017] Each time delay can set the delay machines 10, 12, and 14 as arbitration, and each 
time delay is set up by time delay calculation / setting section 52. The audio signal 
outputted from the delay machine 10 is inputted into a high-pass filter 30 through a 
switch 20, and the acoustic wave of a high-frequency component is emitted to vehicle 
indoor sound space from the loudspeaker 40 for loud sounds connected to the latter part. 
Similarly, the audio signal outputted from the delay machine 12 is inputted into a band 
pass filter 32 through a switch 22, and while connecting with the latter part, the acoustic 
wave of a mid-range component is emitted to vehicle indoor sound space from the 
loudspeaker 42 for sounds. The audio signal outputted from the delay machine 14 is 
inputted into a low pass filter 34 through a switch 24, and the acoustic wave of a low-pass 
component is emitted to vehicle indoor sound space from the loudspeaker 44 for bass 
connected to the latter part. 

[0018] A microphone 46 detects the acoustic wave emitted from either of the 
loudspeakers 40-44. After the predetermined signal for time delay measurement is 
outputted from the sound source 50 for time delay measurement, time delay calculation / 
setting section 52 A time delay until the acoustic wave corresponding to this signal is 
detected by the microphone 46 is measured (calculation). Each time delay of the delay 
machines 10-14 is set up so that time amount after an audio signal is inputted from audio 
equipment 100 until the acoustic wave of each frequency region reaches a microphone 46 
may be in agreement based on this measurement result. About the detail configuration of 
this time delay calculation / setting section 52, it mentions later. 

[0019] the delay machines 10, 12, and 14 mentioned above — a delay means — the sound 
source 50 for time delay measurement corresponds to a signal generation means, and time 
delay calculation / setting section 52 corresponds [ a microphone 46 ] to a sound- 
collecting means at a time delay calculation means and a time delay setting means, 
respectively. 

[0020] After having such a configuration and then inputting a signal into each filters 30, 



32, and 34, the audio system of this operation gestalt measures the time delays tl, t2, and 
t3 until the acoustic wave emitted from each loudspeakers 40-44 reaches a microphone 
46, and explains the actuation which sets up each time delay of the delay machines 10-14. 
[0021] First, switches 20, 22, and 24 are changed and connection of each filters 30-34 is 
changed into the sound-source 50 side for time delay measurement from each delay 
machine 10-14 side. And a switch 26 is changed and the predetermined signal outputted 
from the sound source 50 for time delay measurement is inputted into a high-pass filter 
30. Change actuation of each of these switches is performed according to the directions 
of operation by time delay calculation / setting section 52 or the control section which is 
not illustrated. 

[0022] In the connection condition of such each switch, the predetermined signal for time 
delay measurement is outputted from the sound source 50 for time delay measurement, 
and a corresponding acoustic wave is emitted to loudspeaker 40 empty- vehicle indoor 
sound space. Time delay calculation / setting section 52 computes the time delay tl until 
a predetermined signal is outputted from the sound source 50 for time delay measurement 
and the detecting signal which corresponds from a microphone 46 is outputted. 
[0023] After calculation of a time delay tl is completed, a switch 26 is changed and the 
predetermined signal outputted from the sound source 50 for time delay measurement is 
changed into the condition of being inputted into a band pass filter 32. In this condition, 
the predetermined signal for time delay measurement is outputted from the sound source 
50 for time delay measurement, and a corresponding acoustic wave is emitted to 
loudspeaker 42 empty- vehicle indoor space. Time delay calculation / setting section 52 
computes the time delay t2 until a predetermined signal is outputted from the sound 
source 50 for time delay measurement and the detecting signal which corresponds from a 
microphone 46 is outputted. 

[0024] After calculation of a time delay t2 is completed, a switch 26 is changed further 
and the predetermined signal outputted from the sound source 50 for time delay 
measurement is changed into the condition of being inputted into a low pass filter 34. In 
this condition, the predetermined signal for time delay measurement is outputted from the 
sound source 50 for time delay measurement, and a corresponding acoustic wave is 
emitted to loudspeaker 44 empty- vehicle indoor space. Time delay calculation / setting 
section 52 computes the time delay t3 until a predetermined signal is outputted from the 
sound source 50 for time delay measurement and the detecting signal which corresponds 
from a microphone 46 is outputted. 

[0025] Thus, after calculation of three time delays tl, t2, and t3 is completed, time delay 
calculation / setting section 52 sets up each time delay of three delay machines 10-14 
based on these three time delays tl-t3. For example, when a time delay Tl is the longest, 
the time delay of the delay machine 12 is set as (tl-t2), and the time delay of the delay 
machine 14 is set as 0 for the time delay of the corresponding delay machine 10 (tl-t3), 
respectively. 

[0026] Next, three concrete examples of a configuration are explained about the detail of 
time delay calculation / setting section 52 mentioned above. 

[0027] A time delay after a signal is inputted into example of configuration 1 each filters 
30-34 of time delay calculation / setting section, until the acoustic wave corresponding to 
this reaches a microphone 46 can calculate the cross-correlation of the input signal to 
each filters 30-34, and the output signal of a microphone 46, and can compute it by 



finding the time amount which takes the maximum. 

[0028] Drawing 2 is drawing showing the configuration of time delay calculation / setting 
section 52 in the case of computing a time delay using a cross-correlation. Time delay 
calculation / setting section 52 shown in this drawing is constituted including the cross- 
correlation operation part 60, the cross-correlation-function maximum / time delay 
retrieval section 62, and the time delay setting section 64. Moreover, from the sound 
source 50 for time delay measurement combined with this time delay calculation / setting 
section 52, a white-noise signal is outputted as a predetermined signal for time delay 
measurement. 

[0029] The ****** operation part 60 performs a cross-correlation operation between the 
white-noise signal outputted from the sound source 50 for time delay measurement, and 
the output signal of a microphone 46. This cross-correlation operation is performed 
according to (1) type shown below. 
[0030] 
[Equation 1] 
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[0031] Here, in g (n), tau shows sampling-time spacing for the die length of the time 
amount to which, as for h (n), N incorporates the detecting signal of a microphone 46 for 
a white-noise signal to the cross-correlation operation part 60, respectively. 
[0032] Cross-correlation-function maximum / time delay retrieval section 62 searches the 
value of m from which Cross-correlation R (mtau) serves as max based on the result of 
having changed the value of m of (1) type one by one, and having performed the cross- 
correlation operation by the cross-correlation operation part 60, and makes mtau at this 
time a time delay tl (or t2, t3). 

[0033] The time delay setting section 64 extracts maximum out of three time delays tl, 
t2, and t3 found by cross-correlation-function maximum / time delay retrieval section 62, 
and computes difference with the remaining time delays on the basis of this maximum. 
As mentioned above, when a time delay tl is maximum, difference (tl-t2) with the two 
remaining time delays t2 and t3 and (tl-t3) are computed. Moreover, the time delay 
setting section 64 sets up each time delay of three delay machines 10-14 based on this 
calculation result. 

[0034] A time delay after a signal is inputted into example of configuration 2 each filters 
30-34 of time delay calculation / setting section, until the acoustic wave corresponding to 
this reaches a microphone 46 is also computable by measuring the time amount from 
which the impulse response detected with a microphone 46 serves as max. 
[0035] Drawing 3 is drawing showing the configuration of time delay calculation / setting 
section 52 in the case of computing a time delay using an impulse response. Time delay 
calculation / setting section 52 shown in this drawing is constituted including the 
analogue-to-digital (A/D) converter 70, the memory control section 72, memory 74, the 
equalization processing section 76, the convolution operation part 78, the impulse 
response maximum / time delay retrieval section 80, and the time delay setting section 
82. Moreover, from the sound source 50 for time delay measurement combined with this 
time delay calculation / setting section 52, time stretch DOPARUSU (time amount 
enlargement pulse) is outputted. 

[0036] Time stretch DOPARUSU is a signal with which frequency-characteristics H (k) 



is expressed as follows. 

[0037] 

[Equation 2] 
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[0038] Here, m is a multiplier which shows the degree which shifts the phase for every 
frequency within time stretch DOPARUSU, and takes the integral value of arbitration. N 
is a multiplier which specifies the generating time amount of time stretch DOPARUSU. 
Moreover, k is the integers from 0 to N-l, and a will become settled by the 3rd formula 
contained in (2) types, if m and N are decided. For example, since it becomes with a= 0 
in the case of m= 0, it is set to H(k) =exp(0) =1 about all k, and becomes the impulse 
concentrated without each frequency component distributing. 

[0039] Actual time stretch DOPARUSU outputted from the sound source 50 for time 
delay measurement is a signal acquired by carrying out the inverse Fourier transform of 
the (2) types mentioned above, and shows the example to drawing 4 . Time stretch 
DOPARUSU shown in drawing 4 is the case of N= 256, and serves as a signal which 
each frequency component distributed between the predetermined time according to the 
value of this N, and the value of m. Therefore, although it is hard coming to win 
popularity the effect of a noise since the energy of each frequency component can be 
distributed over a long time by setting up the value of N greatly and setting up the value 
of m greatly Since the time amount which measurement of a time delay takes also 
becomes longer as the generating time amount of time stretch DOPARUSU becomes 
long, it is necessary to set up the suitable value of N and m in the range in which 
generating time amount does not become not much long. 

[0040] To the output signal of a microphone 46, A/D converter 70 performs sampling and 
quantization with a predetermined time interval, and outputs the data of the 
predetermined number of bits. The memory control section 72 stores in memory 74 the 
data outputted from A/D converter 70 with a predetermined time interval one by one. 
When time stretch DOPARUSU is outputted once, the analog signal wave outputted from 
a microphone 46 as a response to this time stretch DOPARUSU is changed into a digital 
data point (this data is henceforth called "time stretch DOPARUSU response data") by 
A/D converter 70, and is stored in the predetermined field of memory 74 by it. It is stored 
in each of L storing fields which the time stretch DOPARUSU response data 
corresponding to each mentioned above, when such a storing field is secured to memory 
74 by L pieces and L time stretch DOPARUSU is repeatedly outputted to it from the 
sound source 50 for time delay measurement. 

[0041] The equalization processing section 76 performs equalization processing of L time 
stretch DOPARUSU response data stored in memory 74. It is qi about q (n) and the i-th 
response data in the equalized response data. It is [0042] when (n). 
[Equation 3] 
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[0043] It becomes. When the equalization processing section 76 performs equalization 
processing of L time stretch DOPARUSU response data according to this (3) type, the 
response data from which the effect of a sudden noise was removed are obtained. 
[0044] The convolution operation part 78 collapses and calculates the data p (-n) which 
made equalized time stretch DOPARUSU response data q (n) which was calculated by 
(3) formulas reverse time stretch DOPARUSUp (n) on a time-axis. Drawing 5 is drawing 
showing the signal which reversed time stretch DOPARUSU on the time-axis, and the 
wave which reversed time stretch DOPARUSU corresponding to N= 256 shown in 
drawing 4 is shown. In addition, the data p (- n) which actually collapse and are used by 
operation part 78 change into a digital data point the signal wave form shown in drawing 
5 , and the sampling interval of them is the same as that of the sampling interval in A/D 
converter 70. 

[0045] The convolution operation by the convolution operation part 78 is performed 
based on the following formulas. 
[0046] 
[Equation 4] 

Kn) = N £q {ky P {n -k) »-(4) 

[0047] An impulse response is obtained by collapsing and calculating a time stretch 
DOPARUSU reply signal and the signal which reversed original time stretch 
DOPARUSU on the time-axis according to this (4) type. In addition, the convolution 
operation part 78 calculates by shifting the data outputted from the equalization 
processing section 76 one by one, and collapsing using the data of each N individual, and 
outputs two or more results of an operation. 

[0048] Two or more results of an operation depended on the convolution operation part 
78 are inputted, and by searching the result of an operation from which an impulse 
response serves as max, it asks for the attainment timing of the time stretch DOPARUSU 
response data corresponding to this result of an operation, and impulse response 
maximum / time delay retrieval section 80 computes time delay tl grade until the 
acoustic wave corresponding to this reaches a microphone 46, after time stretch 
DOPARUSU is inputted into high-pass filter 30 grade. 

[0049] The time delay setting section 82 sets up each time delay of three delay machines 
10-14 based on the time delay tl grade computed by impulse response maximum / time 
delay retrieval section 80. 

[0050] Although a time delay as time delay calculation / setting section mentioned above 
example of configuration 3, after a signal is inputted into each filters 30-34, until the 
acoustic wave corresponding to this reaches a microphone 46 is computable by 
measuring the time amount from which the impulse response detected with a microphone 
46 serves as max, it can use an adaptation filter for measurement of the time amount from 
which this impulse response serves as max. 

[0051] Drawing 6 is drawing showing the configuration of time delay calculation / setting 
section 52 in the case of computing a time delay in quest of an impulse response with an 
adaptation filter. Time delay calculation / setting section 52 shown in this drawing is 
constituted including the adaptation filter 90, the LMS (Least Mean Square) algorithm 
processing section 92, an adder 94, the filter factor maximum / time delay retrieval 
section 96, and the time delay setting section 98. Moreover, from the sound source 50 for 



time delay measurement combined with this time delay calculation / setting section 52, 
white noise is outputted as a predetermined signal for time delay measurement. 
[0052] The adaptation filter 90 has the digital filter configuration of an FIR (Finite 
Impulse Response) mold, and performs predetermined adaptation processing to the 
white-noise signal inputted from the sound source 50 for time delay measurement using 
the tap multiplier vector (filter factor) W set up by the LMS algorithm processing section 
92. 

[0053] By the way, the LMS algorithm processing section 92 controls filter factor W of 
the adaptation filter 90 so that the power of the error signal e which subtracted and 
searched for the output signal of the adaptation filter 90 from the output signal of a 
microphone 46 with the adder 94 serves as min. Therefore, it becomes what has almost 
the same output signal of a microphone 46 and output signal of the adaptation filter 90, 
and will have the almost same property as the impulse response which filter factor W of 
the adaptation filter 90 detects with a microphone 46. 

[0054] Filter factor maximum / time delay retrieval section 96 computes time amount tl 
grade until the acoustic wave which corresponds after a signal is inputted into the time 
amount which takes the maximum of an impulse response, i.e., high-pass filter 30 grade, 
reaches a microphone 46 by searching the time amount which takes maximum in each 
element of filter factor W of the adaptation filter 90. 

[0055] The time delay setting section 98 sets up each time delay of three delay machines 
10-14 based on the time delay tl grade computed by filter factor maximum / time delay 
retrieval section 96. 

[0056] thus, in the audio system of this operation gestalt The predetermined signal for 
time delay measurement is outputted from the sound source 50 for time delay 
measurement. The acoustic wave corresponding to this signal is actually emitted from 
each of the loudspeakers 40, 42, and 44 which are three from which frequency 
characteristics differ. The actual time delay corresponding to each of each loudspeaker 40 
grade is computed by incorporating the output signal of the microphone 46 installed in 
the listening location in time delay calculation / setting section 52, and performing a 
predetermined operation. Based on this calculation result, the time delay of each delay 
machines 10-14 inserted in the preceding paragraph of each loudspeaker 40 grade is set 
up automatically. 

[0057] Therefore, complicated time and effort like [ in case the user itself measures the 
distance of each loudspeaker 40 grade and a listening location, inputs this measured value 
into a loudspeaker system etc. and sets up a time delay like before ] cannot be taken, but 
the time and effort which a time delay setup takes can be reduced sharply. 
[0058] Moreover, since the time delay which emits an acoustic wave and is actually 
produced from each loudspeaker 40 grade is computed, dispersion in the wire length to 
each loudspeaker 10 grade or the response time (time amount after inputting a signal until 
an acoustic wave is emitted) of each loudspeaker 10 grade can also be taken into 
consideration, and can set up correctly the time delay of each delay machine 10 grade, 
and improvement in the tone quality in a listening location of it is attained. 
[0059] In addition, this invention is not limited to the above-mentioned operation gestalt, 
and deformation implementation various by within the limits of the summary of this 
invention is possible for it. For example, although the operation gestalt mentioned above 
explained the audio system which installed the loudspeakers 40-44 which are three from 



which frequency characteristics differ in the vehicle interior of a room, the number of 
loudspeakers may be two or four or more. Moreover, you may make it set [ others / in the 
case of combining two or more loudspeakers from which frequency characteristics differ 
] up the time delay of the delay machine inserted in the preceding paragraph of two or 
more loudspeakers which have the same frequency characteristics. Moreover, it is not 
limited to the audio system for mount, but can also apply to the audio system of the 
object for indoor, or an outdoor type etc. 
[0060] 

[Effect of the Invention] As mentioned above, according to this invention, a time delay 
stimulus signal is actually inputted into each loudspeaker, a corresponding acoustic wave 
is emitted in sound space, the sound-collecting means of a listening location detects this, 
a time delay is surveyed, the time delay of each delay means is set up based on this 
observation result, and a setup of an exact time delay is attained. A setup of a time delay 
with a high precision which considered the class of not only the difference of the distance 
of each loudspeaker and a sound-collecting means but loudspeaker and the difference of a 
wire length especially is attained. Moreover, since the time delay of each delay means is 
set up automatically, a user does not need to perform various kinds of [ manual and ] 
setup, and can reduce the time and effort which a setup of a time delay takes. 



[Translation done.] 



